Abstract-Active noise cancellation in ducts using multiple feedforward sensors have been investigated by many researchers. When adaptive algorithms were applied, usually a lumped parameter model was assumed and the model includes the dynamics of the duct, sensors and actuators (e.g., microphone and loudspeaker). The distributed nature of the duct usually leads to a large parameter space and is difficult to implement direct adaptive control. This brief presents a control architecture which separates the duct's dynamics from those of sensors and actuators. An adaptive control algorithm is proposed to cope with the unknown dynamics of sensors and actuators. Experiments were conducted to show the effectiveness of the control law.
I. INTRODUCTION
A CTIVE NOISE CANCELLATION (ANC) in ducts using feedforward sensors has been investigated for years [1] - [4] . This problem still receives considerable attentions in recent years [10] - [17] . In signal processing community, the research goal is to identify the dynamics of various sound transmission paths online in order to apply algorithms such as Filter-x LMS. To identify the secondary path between the control input to the error measurement, usually an auxiliary signal is added (independent of the noise source) to the control input [5] - [9] . Several proposals to enhance the performance such as the convergence speed were reported [10] , [11] , [14] . For narrow-band or tonal noise, earlier work by the authors [19] indicated that only phase information is needed for feedback cancellation. In recent years, frequency-domain based sub-band architecture was proposed to remove the need of secondary path modeling [15] , [16] . The issues of slow convergence and large computational effort remain to be improved.
The second issue occurs when there is no independent measurement available for the noise source. Hence, removing the influence of the actuator signals from the feedforward sensors' measurement (called acoustic feedback) is a key to performance enhancement. The technique also requires an additive white noise signal generated online to identify the feedback path [13] . Several proposals to overcome the acoustic feedback were reported [17] . The adaptive feedback neutralization [18] one mostly discussed in the signal processing related literature. The work in [17] proposed an adaptive noise cancellation (ADNC) filter to remove the influence of the reference signal. So far, no work on the scheduling of the additive noise power is reported and a rigorous proof of global convergence and stability is still lacking. Despite the progress in the development of signal processing algorithms for ANC, very few considered the overall system control issues. One of the difficulties for ANC in ducts is that the plant is a distributed parameter dynamic system with a large number of poles and zeros. Common control engineering practice is to model the system via reduced-order state-space techniques and various control methods were applied [24] - [27] . The methods have to deal with the controller design accuracy problem induced by a large order model. The term "feedforward" in ANC means to pick up the noise signal in space before it arrives at the actuator location. If the acoustic feedback exists, this creates an additional feedback loop. Canceling the feedback path by filtering is effective if the path model is known accurately [28] , [29] . Another way of reducing the influence of the acoustic feedback is to use the wave propagation property. Based on the theory of acoustic circuit, an analytical solution for cancellation was derived using one upstream microphone [31] . Similar ideas were explored in [20] - [22] via control-oriented close-form plant model. The controller using two upstream microphones [20] also achieves cancellation by creating an infinite impedance boundary at the secondary source location. As shown in this work, the formulation of model matching gives the solution of all possible controllers for less-than-two upstream microphones. Further, the principle can also be applied to a dual actuator system [23] . In fact, sound wave propagation is essentially the same as the elastic extensional waves in solid. An interesting idea to stop the transmission of the extensional wave in one direction using two upstream sensors was reported [30] .
In this work, the feedforward ANC problem from the perspective of model matching under the closed form solution is developed. The advantage of the model matching formulation is that we can obtain a parameterization for all possible controllers that achieve the broad-band noise cancellation objective. An interesting observation is that all the controllers are also independent of the boundary conditions, similar to the one microphone solution by acoustic circuit [31] . Second, the model matching formulation also leads to a method of separating the duct's dynamics from the dynamics of sensor and actuator. As a result, an adaptive algorithm is proposed to identify the sensor and actuator dynamics online. Without the need to handle the distributed part of the plant, the length of the parameter vector in the adaptation is greatly reduced. An experiment is conducted to verify the proposed methods.
II. MODELING AND NOTATIONS
Consider a finite-length and hard-wall duct with two point sources, (located at ) and (at ). In the sequel, is called the primary source which may represent a disturbance input and is called the secondary source denoting a control input. For convenience, it is assumed that . Based on the notations defined in [21] , the response of the system is written as (see Fig. 1 In practice, when feedback or feedforward control is applied, we need to consider the dynamics of loudspeaker and electronic components. Let denote the controller's output, the secondary source can be modeled as (2.3) where is the combined dynamics of sensor (microphone), actuator (speaker) and electronic components.
III. ADAPTIVE FEEDFORWARD CONTROL LAW

A. Model Matching Architecture
In this section, a general model-matching architecture using two feedforward sensors is presented. Consider a feedforward ANC system as shown in Fig. 1 . Based on notations defined in Section II, an equivalent block diagram can be drawn as Fig. 2 Hence, for ideal broad-band noise cancellation (i.e., ), the controller can be found by solving the following model matching formulation:
By substituting (2.1) and (3.1), it can be reduced to the following simple form:
An interesting observation is that (3.3) does not depend on the boundary conditions. Obviously there are infinite sets of which satisfy (3.3). Assume that is invertible, the solution can be formulated as (3.4a) (3.4b) Equation (3.4a) and (3.4b) give a parameterized solution of all possible feedforward controllers that satisfy the cancellation objective in Fig. 1 . in (3.4a) and (3.4b) must be selected to satisfy the internal stability. Under Assumption 2.1, it is easy to verify that the stability requirement of Fig. 2 is the following transfer function vector is stable:
A control law is proposed in [20] by assigning which results in the following: (3.6) Although the controller in (3.6) satisfies the cancellation constraint of (3.3), it is not internally stable. Therefore, a modification of the controller to allow sacrifice in performance was proposed as [20] (3.7) Further, the control law requires a perfect inversion of which might be impossible in practice. Let denote a stable approximation of with a stable additive uncertainty as (3.8)
As a result, the controller (3.6) is modified as (3.9)
The work in [20] proved that by properly selecting and making small enough, the overall system is stable.
B. Adaptive Control Law
As shown in the preceding section, the performance and stability of the modified controller (3.9) depends on how accurate the inversion of [ in (3.9)] is. Further, aging effect, temperature effect and so on will affect the characteristics of . Therefore, online adjustment of (the inverse approximation of ) becomes quite necessary. Before introducing the adaptive algorithm, an important relation among sensors in ducts (see Fig. 3 ) is observed first. If , it can be shown that (3.10) where and . The importance of (3.10) is that this relation not only separates the sensor-actuator dynamics from the distributed system, but is also independent of the noise input (the primary source in Fig. 3) . As a result, it serves as the equation for parameter identification. The idea of using two pairs of microphones to separate forward and backward propagation waves was reported in [32] . The purpose is to identify the path dynamics for robust noise control that is insensitive to boundary conditions. This work shows another property of using two pairs of microphones as described above. Assume that there exists a causal and stable transfer function such that From (3.11), we can replace in (3.9) with . This results in the following equation: (3.14) where is the time domain signal of and of . Equation (3.13) is used to identify and (3.14) is the control action. Notice that contains a delayed control signal . It means that the parameter adaptation process essentially find out the solution of that smoothes control signals in the past. Fig. 4 shows the adaptive control configuration.
The contribution of the novel adaptive structure is the discovery of (3.10) which removes the dependency of noise signals through a set of microphones. In the presence of noise signals, it is not easy to identify the I/O map online in this application because the control signal is strongly related to those signals. Note that the feedback control action of (3.14), originated from (3.9), is stable if the difference of to is small (3.8). Therefore, if the convergent rate of the parameter identification of (3.13) is fast enough, the overall system is stable also. In practice, a short period of random signals can be injected into the system for identification before taking the control action to ensure the convergence.
IV. EXPERIMENTAL RESULTS
An experiment was conducted to verify the feedforward control law. The duct's dimension is 18 cm 18 cm 200 cm and its cutoff frequency is about 945 Hz. A DSP-based system was used to perform real-time calculations and the sampling rate was chosen to be 5000 Hz. The loudspeaker's diameter used in this experiment was 16 cm. The speaker is placed at 140 cm. Four microphones are mounted at 50.3 cm, 57.2 cm, 181.4 cm, and 188.3 cm. The arrangement of microphone and speaker locations is made such that the various delay terms in (3.12) can be approximated by integer delay in discrete domain. As a result, the discrete domain approximation of (3.12) is The time domain equation of (4.1) can be arranged into (4.3) Equation (4.3) can be used as the equation for identification of . However, since we are only interested in identifying within the control bandwidth, it is necessary to limit the bandwidth of (4.3) to obtain a more accurate result. One way to perform this bandwidth-limited identification is to filter the control signal . But this filter must be zero-phase in order not to affect the phase of identified. In this experiment, we use a 50th order FIR band-pass filter and an extra 13-tap delay is added to ensure zero-phase. The final equation for identification becomes (4.4) where is the FIR band-pass filter with passband of 100-900 Hz. The controller of (3.6) is approximated as (4.5) To limit the control signals within the bandwidth, a 12-tap zerophase band-pass filter is added to the left-hand side of (4.5), i.e., .7) where and . Similarly, the controller (4.6) can also be parameterized as (4.8) where and . Equation (4.7) and (4.8) are used as the parameter update and control signal, respectively. In the experiment, we choose and . The parameters were identified using a standard projection algorithm. Two types of boundary conditions at the downstream open end were tested. Fig. 5(a) shows the cancellation result when downstream boundary is open and Fig. 5(b) when downstream boundary half-covered by hard wall. A pseudo random noise is injected into the primary source in both experiments. These experiments show the effectiveness of the proposed algorithm in broadband noise reduction. The algorithm is robust under different boundary conditions. However, at certain frequency range, the noise level is increased, especially in Fig. 5(b) . Experimental experiences show that this could be caused by the inaccuracy of the simple delay approximations in various part of the proposed algorithm (e.g., both microphone and speaker are not point sensor and source).
V. CONCLUSION
An adaptive control algorithm using two feedforward microphones in ducts is proposed in this brief. The control structure is designed such that the sensor and actuator dynamics are separated from the acoustics. A four-microphone configuration is proposed to identify the sensor and actuator dynamics in the presence of noise and control actions. Experimental results are shown to demonstrate the effectiveness of the control law. It is shown that the adaptive controller is also robust under boundary condition changes.
